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DETAILED ACTION 

1 . The Amendment filed on 05/28/2005 has been entered. Claims 1-17 and 19- 
20 are pending in this Office action. 

Response to Arguments 

2. Applicant's arguments with respect to claims 1-5, 10, 12-13 and 17 have been 
considered but are moot in view of the new ground(s) of rejection. 

3. The Amendments to the Specification has been considered and entered. 

4. The objection of claim 9 has been withdrawn after claim was amended to 
correct informalities. 



Claim Rejections - 35 USC § 103 



The following is a quotation of 35 U.S.C. 103(a) which forms the basis for all 
obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described as set 
forth in section 102 of this title, if the differences between the subject matter sought to be patented and 
the prior art are such that the subject matter as a whole would have been obvious at the time the 
invention was made to a person having ordinary skill in the art to which said subject matter pertains. 
Patentability shall not be negatived by the manner in which the invention was made. 
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5. Claims 1-5, 7-13, 15-17 and 19-20 are rejected under 35 U.S.C. 103(a) as 
being unpatentable over Liu et al. U.S. Patent 6,754,261 B1 in view of Uesugi et al. U.S. 
Patent 5,563,911. 

Regarding claim 1, Liu et al. invention is directed to method for 
determining a sampling time for a time domain equalizer (TEQ) in the DMT 
transceiver as shown in figure 8 for reducing intersymbol interference (ISI) in a 
receiving communication channel. Figure 7 illustrates an exemplary ADSL 
modem including a DMT transceiver 704 as also shown in figure 8. In view of 
that, the DMT transceiver in figure 8 corresponds to the claimed apparatus for 
suppressing intersymbol interference in the preamble. 

In column 3, lines 35-50, the sampling time for a time-domain equalizer is 
determines by dividing an over-sampled sequence into a plurality of individual 
Nyquist rate sequences, determining time-domain equalizer coefficients using 
one of the individual Nyquist rate sequences, and measuring the performance for 
all individual Nyquist rate sequences using the time-domain equalizer 
coefficients. The Nyquist rate sequence having the best performance is selected, 
and the sampling time (delay) is configured so that the selected Nyquist rate 
sequence is provided to the time-domain equalizer. In light of the foregoing 
disclosure, the Nyquist rate sequence having the best performance corresponds 
to the claimed "highest useful frequency component in the received 
communication channef\ 



Application/Control Number: 09/876,201 Page 4 

Art Unit: 2631 

In column 24, line 35 via column 25 line 12, FIG. 20 is a block diagram 
showing the relevant logic blocks for processing the received signal and 
providing digitized samples to the time-domain equalizer in accordance with an 
embodiment of the present invention. The digital filter 2006 filters the over- 
sampled sequence received from the A/D converter 2004, and performs a 
decimation function to provide a sequence of samples to the TEQ 832 at the 
Nyquist rate f s . For example, the digital filter may output every Nth filtered sample 
to the TEQ 832. Furthermore, the over-sampled sequence is divided into the N 
separate Nyquist rate sequences, and an initial test sequence from among the N 
separate Nyquist rate sequences is selected. TEQ coefficients are determined 
based upon the initial test sequence, and the resulting shortened channel 
impulse response is measured, preferably by calculating SSNR. Then, the 
shortened channel impulse response for each of the remaining Nyquist rate 
sequences is measured, and the Nyquist rate sequence providing the best 
performance (i.e., the highest SSNR) is selected. The delay is configured so that 
the selected Nyquist rate sequence is provided to the TEQ 832. 

In view of the foregoing disclosure, digital filter 2006 corresponds to the 
claimed "means for adjusting the sampling rate of the received communication 
channel And the logic block 831 shown in figures 8 and 20 together with 
TEQ 832 constitute a "means for determining a highest useful frequency 
component in the received communication channel as claimed in the application 
claim". 
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In column 24 lines 35-67, figure 20 shows the relevant logic blocks of the 
block 831 shown in figure 8. The block 831 includes an analog filter 2002, 
analog-to-digital converter (ADC) 2004, and digital filter 2006. The AID converter * 
typically oversamples the received signal at a predetermined multiple N times the 
Nyquist rate. The digital filter 2006 filters the over-sampled sequence received 
from the ADC 2004, and performs a decimation function to provide a sequence of 
samples to the TEQ. Liu et al. further teaches that the digital filter may output 
every Nth filtered sample to the TEQ 832. The over sampled sequence includes 
N separate Nyquist rate sequences, each consisting of every Nth filtered sample 
starting from different delay within the oversampled sequence. In view of the 
foregoing teachings, the digital filter 2006 performs function as a decimator to 
output one of N separate Nyquist rate sequences to the TEQ 832. Hence, the 
digital filter 2006 corresponds to the claimed "means for adjusting the sampling 
rate", 

Liu et al. discloses a TEQ 832 as recited above, however, Liu et al does 
not teach the TEQ 832 as set forth in the claim. 

Uesugi et al. discloses an equalizer for use in a data receiver, in which the 
number of required taps is reduced without impairing the effect of compensation 
of waveform distortion due to the components appearing after the main waveform 
component relative to time and that due to the components appearing before the 
main waveform component relative to time; see column 2, lines 46-67. The 
aforementioned phenomenon is called intersymbol interference as well known in 
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the art of communications. Figure 4 illustrates an embodiment of the equalizer 
including a plurality of delay elements 2, a plurality of weighting elements 3 
applied to an adder 4, a plurality of selector switches 7a to 7e disposed in line 
with the respective delay elements 2; see figure 3, lines 45-67. In operation, the 
selector switches disposed in line with the delay lines of the equalizer are utilized 
to allocate the number of taps to be optimum in response to each burst signal 
input, see column 3, lines 12-20. The equalizer in, figure 4 performs equalization 
in time domain. The reason is the received signal is not transformed into 
frequency domain. In light of the foregoing disclosure, the equalizer as taught by 
Uesugi et al. performs similar function as the claimed time domain equalizer 
(TEQ). 

Liu et al. TEQ differs with Uesugi et al. equalizer in that Liu et al. TEQ 
uses all the taps while Uesugi et al. equalizer allocate or adjust the number of 
taps to be optimum for each signal input without impairing the effect of 
compensation of waveform distortion due to ISI. Therefore, it would have been 
obvious for one of ordinary skill in the art at the time the invention was made that 
Liu et al. DMT transceiver can be modified to replace the TEQ 832 with the 
equalizer as taught by Uesugi et al.. The modification is obvious because of the 
following reasons: both equalizers are utilized in a receiver to reduce intersymbol 
interference; Uesugi et al. equalizer use less than the total number of taps in 
response to an input signal, thereby reducing the number of required arithmetic 
and logic processing operations, and attaining the desired reduction of the power 
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consumption and size of the equalizer. With the modification, the equalizer as 
taught by Uesugi et al. allocates the number of taps to be optimum for each 
Nyquist rate sequence disclosed in Liu et al. teachings. 

Regarding claim 2, Liu et al. does not expressly teach the Discrete Fourier 
Transform (DFT) 833 for adjusting the demodulation rate as set forth in the claim. 

In column 24 line 35 through column 25 line 35, Liu et al. teaches a 
method for determining an optimum sampling rate by dividing the over-sampled 
sequence into N-separate Nyquist rate sequences. Then, the shortened channel- 
impulse response for each of N-separate Nyquist rate sequences is measured 
and the Nyquist rate sequence providing the best performance is selected. In 
light of the foregoing teachings, DFT 833 in figure 8 must accommodate the 
selected Nyquist rate sequence, which provides the best performance. Because 
DFT 833 performs a DFT on the time-domain symbol on the selected Nyquist 
rate sequence among N-separate Nyquist rate sequences. In view of the 
foregoing discussion, DFT 833 performs similar function as the claimed means 
for adjusting a demodulation rate. 

Regarding claim 3, as recited in claim 1 , referring to figure 20, in column 24 lines 
35-67, the digital filter 2006 filters the over-sampled sequence received from the ADC 
2004, and performs a decimation function to provide a sequence of samples to the 
TEQ. Liu et al. further teaches that the digital filter may output every Nth filtered sample 
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to the TEQ 832. The over-sampled sequence includes N separate Nyquist rate 
sequences, each consisting of every Nth filtered sample starting from different delay 
within the over-sampled sequence. In view of the foregoing discussion, the digital filter 
2006 performs function as a decimator to output variable Nyquist rate sequences to the 
TEQ 832. Hence, the digital filter 2006 corresponds to the claimed decimator. 

Regarding claim 4, referring to figure 7 of Uesugi et al. invention, the 
equalizer 34 includes: 

a delay line comprising a plurality of delay elements 2 accepting 
successive portions of the received communication channel as claimed, see 
column 3, lines 45-60; 

taps off of the successive portions of the delay line with each tap 
configured to scale each successive portion by an associated weighting element 
3 to provide a corresponding scaled output as claimed, see column 3, lines 45- 
60; 

a summer 4 coupled to the taps to sum the scaled outputs as claimed; 

and a switch controller 43 controls the position of each of the selector 
switches 7a to 7e in the equalizer according to the result of the tap allocation 
determined by the tap allocation determiner; see column 6, lines 20-55. In view of 
the foregoing discussion, the switch controller 43 varies the number of taps to be 
optimum for each input signal, and corresponds to the claimed controller. 
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Regarding claim 5, referring to figure 7 of Uesugi et al. invention again, the 
delay line as recited in claim 4 further includes: 

a plurality of delay elements 2 corresponding to the claimed delay buffers; 

a plurality selector switches 7a to 7e serially coupling delay elements 2 
one to another to form a delay line accepting successive portions of the received 
communication channel, and selector switches 7a and 7e is controlled by the 
switch controller 43, which allocates a number of taps (e.g. uncoupling one or 
more delay elements 2) to be optimum for an signal input, thereby shortening the 
length of the delay line. In view of that, selector switches 7a to 7e correspond to 
the claimed switches 

Regarding claim 7, referring to figure 7 of Uesugi et al. invention, in column 5, 
line 60 via column 6, line 40, the equalizer 34 further discloses a tap allocation 
determiner 42 determines the allocation of the taps. In response to the output from the 
channel impulse response estimator 41 , the tap allocation determiner 42 detects the 
timing of appearance of the main waveform component 22 (having the highest power 
level) with respect to time, and, on the basis of the detected timing of the main 
waveform component 22 (which appears as a second waveform component in FIG. 2), 
determines the respective numbers of taps, corresponding to relative magnitudes of the 
weighting coefficients in the training phase, to be allocated to the FIR type and MR type 
digital filters. Table 1 shows the number of taps allocated to each of the FIR type and 
MR type digital filters together with the position of each of the selector switches 7a to 7e, 
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by way of example. In light of the foregoing teachings, the tap allocation determiner 42 
corresponds to the claimed skip controller. 

Regarding claim 8, claim 8 is rejected on the same ground as for claim 1 
because of similar scope. Claim 1 includes elements performing all the steps claimed in 
claim 8. 

Regarding claim 9, claim 9 is rejected on the same ground as for claim 2 
because of similar scope. 

Regarding claim 10, claim 10 is rejected on the same ground as for claim 
1 because of similar scope. Furthermore, as recited in claim 1 , in Liu et al. 
invention, figure 7 illustrates an exemplary ADSL modem including a DMT 
transceiver 704 as shown in figure 8. The DMT transceiver in figure 8 includes a 
transmit and a receive path, and is coupled to the subscriber loop 705 via the 
hybrid 820. Hence, the ADSL modem in figure 7 corresponds to the claimed 
modem. 

Liu et al. does not teach a time domain equalizer (TEQ) as set forth in the 

claim. 

Uesugi et al. discloses an equalizer for use in a data receiver, in which the 
number of required taps can be reduced without impairing the effect of 
compensation of waveform distortion due to the components appearing after the 
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main waveform component relative to time and that due to the components 
appearing before the main waveform component relative to time; see column 2, 
lines 46-67. The aforementioned phenomenon is called intersymbol interference 
as well known in the art of communications. Figure 4 illustrates an embodiment 
of the equalizer including a plurality of delay elements 2, a plurality of weighting 
elements 3 applied to an adder 4, a plurality of selector switches 7a to 7e 
disposed in line with the respective delay elements 2; see column 3, lines 45-67. 
In operation, the selector switches disposed in line with the delay lines of the 
equalizer are utilized to allocate the number of taps to be optimum in response to 
each burst signal input, see column 3, lines 12-20. The equalizer in figure 4 
performs equalization in time domain. The reason is the received signal is not 
transformed into frequency domain. In light of the foregoing disclosure, the 
equalizer as taught by Uesugi et al. performs similar function as the claimed time 
domain equalizer (TEQ). 

Liu et al. TEQ differs with Uesugi et al. equalizer in that Liu et al. TEQ 
uses all the taps while Uesugi et al. equalizer allocate or adjust the number of 
taps to be optimum for each signal input without impairing the effect of 
compensation of waveform distortion due to ISI. Therefore, it would have been 
obvious for one of ordinary skill in the art at the time the invention was made that 
Liu et al. DMT transceiver can be modified to replace the TEQ 832 with the 
equalizer as taught by Uesugi et al.. The modification is obvious because of the 
following reasons: both equalizers are utilized in a receiver to reduce intersymbol 
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interference; Uesugi et al. equalizer use less than the total number of taps in 
response to an input signal, thereby reducing the number of required arithmetic 
and logic processing operations, and attaining the desired reduction of the power 
consumption and size of the equalizer. 



Regarding claim 1 1 , claim 1 1 is rejected on the same ground as for claim 10 
because of similar scope. Furthermore, with the combined teachings, the equalizer 
(shown in figure 7) as taught by Uesugi et al. varies the number of taps responsive to 
the Nyquist rate sequence having the best performance. Further, in FIG. 3, column 2, 
lines 10-55, the range of signal waveform delays is selected to be, for example, 5T, 
where T represents the length of time of one symbol and is the reciprocal of the bit rate 
in the case of a binary modulation, such as, the GMSK modulation. That is, T=5 us 
when the bit rate=200 kb/s. In view of that, T is directly related to the bit rate and the 
lower bit rate requires less number of taps. 

Regarding claim 12, claim 12 is rejected on the same ground as for claim 4 
because of similar scope. 

Regarding claim 13, claim 13 is rejected on the same ground as for claim 5 
because of similar scope. 
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Regarding claim 15, claim 15 is rejected on the same ground as for claim 7 
because of similar scope. 

Regarding claim 16, as recited in claim 12, a switch controller 43 controls the 
position of each of the selector switches 7a to 7e in the equalizer according to the result 
of the tap allocation determined by the tap allocation determiner 42; see column 6, lines 
20-55. In view of the foregoing discussion, the switch controller 43 varies the length of 
the delay line and also corresponds to the claimed length controller. As also recited in 
claim 1 1 , the length of the delay line is directly related to the bit rate, which is inversely 
proportional to the length of the subscriber loop as appreciated by one of the ordinary 
skill in the art of communications system. 

Regarding claim 17, the ADSL modem in figure 7 includes a discrete multitone 
transceiver, which supports discrete multitone modulation and demodulation. 

Regarding claim 19, with the combining teachings of over Liu et al. U.S. 
Patent and Uesugi et al. U.S., Liu et al. teaches, as recited in claim 1, the 
sampling time for a time-domain equalizer is determines by dividing an over- 
sampled sequence into a plurality of individual Nyquist rate sequences, 
determining time-domain equalizer coefficients using one of the individual 
Nyquist rate sequences, and measuring the performance for all individual Nyquist 
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rate sequences using the time-domain equalizer coefficients. The Nyquist rate 
sequence having the best performance is selected 

In column 24, line 35 via column 25 line 12, FIG. 20 is a block diagram 
showing the relevant logic blocks for processing the received signal and 
providing digitized samples to the time-domain equalizer in accordance with an 
embodiment of the present invention. The digital filter 2006 filters the over- 
sampled sequence received from the A/D converter 2004, and performs a 
decimation function to provide a sequence of samples to the TEQ 832 at the 
Nyquist rate f s . Furthermore, the over-sampled sequence is divided into the N 
separate Nyquist rate sequences, and an initial test sequence from among the N 
separate Nyquist rate sequences is selected. Hence, with the modification of 
Uesugi et al. teachings, the equalizer shown in figure 7 (of Uesugi et al. 
teachings), is trained for each of N separate Nyquist rate sequences wherein 
TEQ coefficients for each test sequence are determined, and the resulting 
shortened channel impulse response is measured, preferably by calculating 
SSNR. Then, the shortened channel impulse response for each of the remaining 
Nyquist rate sequences is measured, and the Nyquist rate sequence providing 
the best performance (i.e., the highest SSNR) is selected. The delay is 
configured so that the selected Nyquist rate sequence is provided to the 
equalizer. In light of the foregoing discussion, TEQ coefficients correspond to the 
claimed weighting coefficients. 
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Referring to Uesugi et al. invention, in column 4, lines 45-62, Uesugi et al. 
further teaches that when the channel impulse response is detected, the initial 
values of the weight coefficients of the weighting elements are determined. In 
view of that, for each of N separate Nyquist rate sequences, the values of values 
of the weight coefficients of the weighting elements are determined by varying 
the respective number of taps. When the Nyquist rate sequence having the best 
performance is selected, the associating number of respective taps and 
weighting coefficients are selected. 

Regarding claim 20, similar to the rejection argument of claim 1 , Liu et al. 
invention is directed to method for determining a sampling time for a time domain 
equalizer (TEQ) in the DMT transceiver as shown in figure 8 for reducing 
intersymbol interference (ISI) in a receiving communication channel. Figure 7 
illustrates an exemplary ADSL modem including a DMT transceiver 704 as also 
shown in figure 8. In view of that, the DMT transceiver in figure 8 corresponds to 
the claimed apparatus for suppressing intersymbol interference in the preamble. 

In column 3, lines 35-50, the sampling time for a time-domain equalizer is 
determines by dividing an over-sampled sequence into a plurality of individual 
Nyquist rate sequences, determining time-domain equalizer coefficients using 
one of the individual Nyquist rate sequences, and measuring the performance for 
all individual Nyquist rate sequences using the time-domain equalizer 
coefficients. The Nyquist rate sequence having the best performance is selected, 
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and the sampling time (delay) is configured so that the selected Nyquist rate 
sequence is provided to the time-domain equalizer. In light of the foregoing 
disclosure, the Nyquist rate sequence having the best performance corresponds 
to the claimed "highest useful frequency component in the received 
communication channef\ 

Uesugi et al. discloses an equalizer for use in a data receiver apparatus. 
The equalizer operates in time domain to compensate waveform distortion due to 
ISI, see column 2 lines 45-60. Uesugi et al. discloses an equalizer including 
components similar to those of the claimed invention, therefore, it would have 
been obvious for one of ordinary skill in the art at the time the invention was 
made that the equalizer as taught by Uesugi et al. can perform the claimed steps. 
The motivation is that the equalizer including similar components with the 
claimed invention should be able to perform similar steps. 

Referring to figure 4, in column 3 lines 45-60, figure 4 illustrates an 
equalizer including: 

a plurality of delay elements 2 for delay buffering successive portions of a 
received communication channel; 

a plurality of weighting elements 3 for scaling each successive portion of 
the received communication channel buffered in the delay element 2, each 
output from a weighting element is a scaled output associated with coefficient of 
the weighting element; 
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a summer 4 for summing the scaled outputs from the plurality of weighting 
elements 3; 

a plurality of selector switches 7a to 7e disposed in line with the respective 
delay elements 2 used for allocating the number of taps, the selector switches 7a 
to 7e performing to the claimed step of varying a number of successive portions 
of the receive communication channel buffered in delay elements 2. 

The motivation for combining Liu et al. and Uesugi et al: is stated in the 
rejection of claim 1 . 

Allowable Subject Matter 

6. Claims 6 and 14 are objected to as being dependent upon a rejected base 
claim, but would be allowable if rewritten in independent form including all of the 
limitations of the base claim and any intervening claims. 

Conclusion 

7. Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to Khanh Tran whose telephone number is 571-272-3007. 
The examiner can normally be reached on Monday - Friday from 08:00 AM - 05:00 PM. 

If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Mohammad Ghayour can be reached on 571-272-3021 . The fax phone 
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number for the organization where this application or proceeding is assigned is 703- 
872-9306. 

Information regarding the status of an application may be obtained from the 
Patent Application Information Retrieval (PAIR) system. Status information for 
published applications may be obtained from either Private PAIR or Public PAIR. 
Status information for unpublished applications is available through Private PAIR only. 
For more information about the PAIR system, see http://pair-direct.uspto.gov. Should 
you have questions on access to the Private PAIR system, contact the Electronic 
Business Center (EBC) at 866-21 7-9197 (toll-free). 
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